In future packet based wireless communication systems, transmission in the downlink will often dominate the traffic load. High bit-rate applications like WWW-browsing, file transfer, and full motion video will impose strong requirements on the system capacity. An obstacle in this context is the time-variability of the channel: For mobile users, frequently occurring fading dips will cause unnec-
. essary and capacity degrading retransmissions.
To achieve a high throughput also over fading channels, adaptive methods for adjustment of e.g. the modulation abhabet. and the coding comalexitv. can be used. The transmitted symbol energy at a constant level. The further into the future the terminal can perform accurate predictions of the channel parameters, the more flexible and efficient the selection of the modulation alphabet will be. Moreover, the traffic on the control channel can be efficiently planned to minimize the signalling overhead.
For a predicted value of the Signal to Noise and Interference Ratio (SNIR) of each channel, the modulation level is maximized under the constraint of a certain probability of symbol error, for example, PM 5 If no modulation level attains the required error probability, then transmission is deferred until later when the SNIR is higher, thus " I - iiea is to efficient use of the bits: menever the channel conditions are adequate, transmission of redundant bits should be avoided.
In this paper we shall investigate the effect of adaptive avoiding retransmissions. The reason for using this strategy is that it will stabilize the error probability, thus keeping the error rate at a low and constant level, avoiding retransmissions. The averaging strategies mentioned above a higher traffic load when conditions are bad, since the increasing error rate would increase the requests for retrans-1 . , modulation, along with time-slot scheduling, in a scenario do not have this feature. On the they yield involving several mobiles and one base station.
we found that the bit rate can be kept at an admissions. In the when many mobiles are connected to the Same base station, sharing the Same frequency, the justable low level, suited for Forward 'Odes* Moreover' the more that share a frequency channel. the more efficiently the scheduler uses strategy used here will instead be to allocate the channel to the mobile that can make the best use of it.
Similar approaches to adaptive modulation have been , the channel bandwidth.
INTRODUCTION
Fading channels confront us with the problem of lost packets and the need for frequent retransmissions. One strategy to combat time-variability is to use averaging: Spread-spectrum signalling can average out variations of the noise and interference level, while coding and interleaving can compensate for the temporary loss of signal strength due to fading dips provided that modem synchronisation can be maintained. Such strategies can combat bad signalling conditions, but are inefficient when the channel conditions are good. In this paper we explore a strategy, where the time-variations of the channel, due to short-term fading, are estimated and the signalling scheme is adapted accordingly. We can exploit temporarily good transmission conditions to obtain higher throughput, while reducing the demands on the channel when its condition is bad. We assume that accurate long-term predictions of the channel SNIR are available, allowing us to schedule the transmissions for one or more users. A non-linear method for achieving accurate broad-band channel condition predictions is described by Ekman and Kubin in [4] . It is demonstrated to be capable of making accurate predictions farther than lOms ahead in time, thus seeing beyond the next fading dip.
The proposed scheme will result in some overhead due to the transmission of scheduling decisions over separate control channels. It is crucial to the performance of this system that the control information is correctly transmitted. Torrance and Hanzo discuss this problem in [5] .
A nice feature of our approach is that the adaptive modulation strategy is embedded in the scheduling operation. The decision on the modulation format is merely a first natural step in the scheduling process.
SYSTEM DESCRIPTION
We outline and investigate a system that exploits the timevariations in the channel, instead of fighting their effects on the data being transmitted. The system presented here Global Telecommunications Conference -Globecom' 99 is intended to demonstrate the achievable performance gains when using an adaptive approach to the problem of digital transmission over time-varying channels. We suggest two variants of the system: TDD for assymetric traffic, and FDD for symmetric traffic.
TDD system for asymmetric traffic
Time Division Duplex is a strategy for synchronizing uplink and downlink transmissions. The base station and the mobiIe share a common frequency, and the uplink and downlink transmissions are closely spaced in time. It can then be assumed that the channel conditions are correlated f h the two transmissions. Under the assymetry assumption, the dominant part of the traffic will be camed in the downlink channel.
The current downlink SNIR is then estimated in the mobile and fed into its predictor. The predictions are performed regularly, so that the mobile is able to make a decision on which modulation level to prefer for each SNIR value. This decision only involves a table lookup, which is matching the SNIR to the required BER. The decisions of the mobile terminal are collected in a buffer before transmitting its contents to the base station via the control uplink channel. The final decision on the choice of the downlipk modulation is made by the base station, which signals its decision to the mobile, which in turn prepares for reception accordingly.
Since we use a TDD system, the downlink channel can be estimated by analysis of the uplink transmission, but since we assume an asymmetric traffic, this would require ffequent transmission of pilot signals in the uplink. We therefore propose that that the estimator and predictor of the downlink quality should be placed in the mobile in this type of system. Although the traffic in the uplink does not require much transmission time, its quality needs to be guaranteed. For this reason the uplink modulation is also adapted to the channel conditions. The total system is schematically described in Figure 1 . 
2.2
A different scenario would be that of a high, symmetnc, traffic load. This would require equal resources in both the uplink and the downlink. A natural way to accomplish such symmetric resource distribution is through Frequency Division Duplex. In FDD, the uplink and downlink channels are independent, acting on separate frequencies, so they can transmit simultaneously without affecting each other. In this case, we have two different channels. Their characteristics need to be estimated and predicted to make the adaptive modulation work efficiently.
The complexity and frequency of the predictor parameter updating is a topic for further research, but it would probably require considerable computations. For this reason, the adaptor is located at the base station.
For the case of FDD, see Figure 2 , the predictor has also been moved to the base station, since there is a potential advantage in providing the base station with the downlink SNIR information: If the SNIR information is known to the base station, it can control the different connections more efficiently. The price to be paid is an increase in traffic on the control uplink channel caused by the transmis-; sion of estimated downlink SNIRs from the mobile chan: ne1 estimator to the base station channel predictor.
Thus the base station decides on both the uplink andi downlink modulation formats, and signals the result to the. mobile over the control downlink channel.
ADAPTIVE MODULATION
In traditional communications systems, the radio trans mission method is designed to cope with channel variitions in a worst-case manner. For wireless systems this implies the use of a simple modulation scheme, and a complex error-correcting code. When the coding fails to compensate for temporary bad conditions, higher lay the protocol will ensure that the information is c and completely transmitted, by requiring a retrans of the erroneous data. We wish to avoid this by adapting our demands on the channel as it varies. By changing the modulation format as the channel SNIR (SIR) varies,lwe Figure 3 : Based on measured channel SNIRs, predictions of future SNJR are made and stored in a buffer until a frame of 5ms is filled. The decision algorithm then has 5ms to make a sequence of decisions and transmit them to the other end of the link. Then, based on these decisions, the data transmission starts.
accomplish less retransmissions.
The modulation alphabet is chosen in advance, since we assume accurate predictions of the channel quality to be available. The decision is made on a frame-by-frame basis, each of which contains 48 time-slots, where each time-slot corresponds to one output value from the predictor. For each time-slot, a burst of 512 symbols is transmitted. Using a prediction horizon of lOms we can collect the predictions during 5ms, then use the remaining 5ms to make the decision and transmit it to the other side of the link, see Figure 3 .
I
For a given symbol error probability we can calculate the required SNIR for the different modulation formats used. Thus, we can decide the thresholds where we should change from one modulation format to another. A tight upper bound on the symbol error probability for M-QAM modulation is given by [6]:
Finding the decision thresholds
Here the average symbol energy Eau, the noise power, NO. and the modulation format, M , are assumed to be known.
The Gaussian cumulative distribution function, &(z), can be calculated according to:
where erf(z) is the error function: By solving (1) for e and using (2) and (3), we get the SNIR required for a certain symbol error probability, PM, and a given M :
, Furthermore, since we measure and predict the average signal energy, whereas the constraints' have to be applied to the maximum signal energy, the value E,, has to be modified by a factor ( M , according to Table 1 , yielding
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EM 11 1 I 1 1 J9/5 1 J7/3 Table 1 : Conversion factor from average energy to peak energy for M-QAh4.
In this investigation we use 64-QAM as the maximum modulation level, thus transmitting six bits per symbol when the channel is as its best. When the channel de- grades, lower powers of two are used with BPSK being the lowest level. In Figure 4 , the left hand diagram illustrates the SNIR-variation of a typical channel while the right hand part illustrates how the level of modulation can be selected for a pre-specified symbol error probability.
As an example we note that for an SNIR 2 22dB we can transmit during 150 time-slots (time-slot 390 to timeslot 540) with a modulation level of 16-QAM at a symbol error probability of P M 5 w5.
Slow power control is assumed to compensate for longterm fading, thus holding the long-term average of the received power at a constant level.
SCHEDULING
One way to make use of the channel predictions is to simply choose the modulation format for a user during the nearest future, in order to satisfy the demand of a low and constant bit error rate. On the other hand, it can seem like a waste of time, and thus bandwidth, to choose a low modulation format (or not to transmit at all) when the channel condition for a specific link is poor: We could allocate that time-slot to another user, probably with better conditions. Moreover, a user may not need all its allocated bandwidth. Such inefficiencies can be avoided by the use of a scheduler. The scheduler works on a specific physical channel 'RF amplifiers have a constraint on the marimurn input amplitude, for operation in the domain of linear amplification, which is required in multi-amplitude modulation (such as a frequency band), where several links are maintained, and the users compete for transmission time.
In order to efficiently distribute the channel bandwidth between different concurrent users on a TDD/TDMA channel, we make use of the predictor in a way that is a natural extension from the original adaptive modulation approach. The predicted SNIR values are now not only used for the selection of modulation format, but also for time-slot distribution among the users so that the system throughput is maximized.
4.1
First, the scheduling procedure allocates each time-slot to the user that can transmit most efficiently in that particular slot. This approach actually maximizes the system throughput (for a given error probability), but it may be a very unfair way of allocating time-slots among different users. Even in this case, a user may be allocated more bandwidth than is required, whereas at the same time, another user may not be allowed to transmit at all. To compensate for this unfairness, a re-distribution of the timeslots takes place.
Maximization of system throughput -Pass I

Equalize user satisfaction -Pass 2
In most cases there will be users that have received more time-slots than they need, and users that have received less. The re-distribution procedure starts by identifying the "richest" user, that is, the user with the largest overallocation of bandwidth. The richest user offers its poor-est2 time-slots to the scheduler for distribution among the remaining users. The time-slots are given to the users that can use them best, only this time the set of competing users is limited to the ones that need more bandwidth. This is only one example of many possible strategies for transmission scheduling. The method outlined above has a number of parameters that can be adjusted. One is the order in which the scheduler should prioritize between different features of each user and time-slot. The features implemented in the experiments described below are:
Predicted SNIR Allowed modulation format User priority Other methods to optimize the allocation decision can be considered, e.g. linear programming algorithms [7] , and, generalizations of existing router-scheduling algorithms to take the varying channel quality into account. The drawback of linear programming methods is that the procedure is iterative. Thus no upper limit can be given for the number of operations required. Moreover, in the linear programming case, we would need to define a cost function that is to be minimized in order to optimize the scheduling decision.
, the channel conditions are predicted for 10 milliseconds ahead in time. Moreover, perfect synchronization and transmission at a constant maximum amplitude, regardless of the modulation alphabet, is assumed. The experiment is applicable to both TDD and FDD systems, provided that accurate predictions of the channel conditions exist.
For each prediction of the SNIR at the receiver, the modulation alphabet is selected for 512 consecutive symbols (one time-slot) for each user. This implies that the channel estimator and the predictor work at a rate of &, where bw is the channel bandwidth. The data bit stream is then modulated and transmitted with a constant maximum amplitude over the noisy channel. White Gaussian Noise (AWGN) with varying variance is added to simulate good and bad channel conditions. At the receiver, the signal is demodulated and the obtained bit stream is compared to the original one. The number of errors is counted, as well as the number of transmitted bits. Each time slot corresponds to one output sample from the channel predictor. The scheduling is optimizing the transmission within each frame.
As expected, the adaptive modulation approach results in a relatively constant (adjustable) error rate, see Figure 6. On the other hand, the use of non-adaptive modulation results in high peaks in the error rate when the receiver encounters a fading dip, see Figure 5 .
EXPERIMENTS 6 CONCLUSIONS AND FUTURE WORK
To evaluate the proposed system solutions, a simulation series was conducted, assuming one base station transmit-The adaptive modulation approach provides a relatively error rate ( Figure 6 ), which in turn provides an ting to a number Of mobile we that excellent basis for Fornard Error Co~ection (mc) codes, Zln the sense of poor transmission rate or poor transmission quality such as convolutional codes or block codes. Note that Global Telecommunications Conference -Globecom'99 FEC has not been included in this work, so the achievable BER is considerably lower. For the non-adaptive case, clearly, the error rate peaks when the receiver enters a fading dip (Figure 5) . This behavior can probably not be compensated for by FECs, unless long interleaving is used to average out the errors over time. The remaining errors after the decoding process will result in retransmissions, invoked by higher layers in the communication system. Obviously, such transmissions will increase the traffic over the channel. By introducing adaptive modulation we gain:
1. The error rate is kept at a constant level, thus feeding the FEC algorithms with manageable data. 2. Radio transmission is postponed when channel con-ditions are bad, thus reducing the interference affecting other terminals. By adding the multiple access scheduler, keeping multiple links on a single frequency, we gain two more things:
1. System throughput can be maximized for a given frequency band (Figure 7, left) . The more users we add, the more efficiently we use the frequency band. 2. User throughput becomes the central issue, rather than the allocation of some fixed number of timeslots in a varying environment (Figure 7 , right). The following topics will be investigated in the future:
Scheduling involving more than one frequency band at a time. High-priority users choose between several independent channels on different frequencies.
More realistic traffic (IP) and channel (Multipath) models will be incorporated in order to find better scheduling criteria. The performance gains as a function of prediction error levels and prediction horizon will be quantified. A deeper analysis of the required signalling overhead, the predictor initialization procedure, and the required hardware, will be carried out and included in the evaluations of the proposed systems.
